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ABSTRACT: Adaptive filters are the core
functional block in the digital signal processing.
Adaptive filter is basically used to reduce the
power consumption. In this paper an updated
adaptive filter is proposed which is used to
calculate the inner product by shifting and
accumulating of partial products. These are
stored in look up table (LUT). The area is
reduced as both convolution operation and
correlation operation is performed by using the
same LUT. The distributed arithmetic based
design uses a look up table sharing for
computation of the weight increment terms and
filter outputs. It requires less number of LUT
access for every output than the existing
structure, for higher block size. In the design,
number of adders does not increase with filter
order. The advantage of the structure is
reduction in its delay and area delay product
(ADP). The adaptive filter will be multiplier less,
which reduces the complexity of the circuit.
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LINTRODUCTION

With the latest improvements in the area of
portable digital applications (PDA’s) and
wireless communication, power
consumption analysis and reduction
techniques haw: become as significant
concern as speed, cost, and reliability in
the circuit design level.  Power
consumption factors, which determine the
amount of dissipated energy and heat, have
a great influence on critical design issues
such as: packaging and cooling
requirements, power supply lines and
capacity, and the number of circuits that
can be integrated in a chip. The power
consumption in a digital CMOS circuit
consists of dynamic power consumption,
static power consumption, and short-
circuits power consumption. The dominant
power consumption is normally from the
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Dynamic power, which is used in charging
node capacitances. As we know that in the
areas of system on chip and VLSI designs,
the low power Circuit designs is an
important issue. As the dimensions of
transistors are shrunk into the deep sub-
micron region, the effect of static leakage
currents becomes more significant. As the
dimensions of transistors are shrunk into
the deep sub-micron region, the effect of
static leakage Currents becomes more
significant. = This aspect of power
consumption can be Controlled to some
extent by novel design, but is
predominantly handled by  process
Engineering. Two areas that have been the
focus of active research are asynchronous
logic and adiabatic logic

Scaling of transistor geometries have led to
integration of millions of devices in a very
small space, thus driving realization of
complex applications on hardware and
supporting high speed applications. This
synergy has revolutionized not only
electronics, but also industry at large. In
order to reduce power, many researchers,
designers and engineers have come up
with many innovative techniques and have
patented  their ideas.  Nevertheless,
designers will need to budget and plan for
power dissipation as a factor nearly as
important as performance and perhaps
more important than area. Low power
techniques have been successfully adopted
and implemented in designing complex
VLSI circuits. As the demand for faster,
low cost and reliable products that operate
on remote power source performing high
end applications keep increasing, there is
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always a need for new low power design
techniques for VLSI. The authors optimise
word-lengths of the input and output data
samples and coefficient values. This
involves the use of a general search based
methodology which is based on statistical
precision analysis and the incorporation of
cost/performance/power measures into an
objective function through word-length
parameterisation.

As the dimensions of transistors are shrunk
into the deep sub-micron region, the effect
of static leakage currents becomes more
significant. ~This aspect of power
consumption can be controlled to some
extent by novel design, but is
predominantly  handled by process
engineering. Two areas that have been the
focus of active research are asynchronous
logic and adiabatic logic. When designed
carefully, asynchronous circuits can be
more power efficient as compared to their
synchronous counterparts. In this paper a
novel implementation of adiabatic circuits
has been presented. @~Working in
asynchronous  fashion to get the
advantages of both the techniques.

There are several approaches of
minimizing power consumption in the
filter design area such as changing the
instruction set and architecture, and
updating filter taps using appropriate
adaptive algorithm. In most general-
purpose DSP such as mobile-based and
digital communications in order to reach
low power filter applications, the first
approach is not usable since instruction
set cannot be altered; therefore, the
second approach 1is of preferable.
Among the two well-known adaptive
filtering algorithms: the Recursive Least
Square (RLS) and the Least Mean
Square (LMS), the LMS algorithm
provides a powerful and
computationally efficient means of
realizing adaptive filters.
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II. LITERATURE SURVEY
The different types of adaptive filters with
various adaptive filtering algorithms are
available in the literature. Also, different
types of adders and multipliers are
available with advantages and limitation of
one over the other. The detail literature
survey for the proposed work is as follows:
In the paper by R. Ramya et. al, an author
presented an area efficient design of
adaptive FIR filter using distributed
arithmetic (DA). To obtain the updated
value of weight and to decrease the mean
square error between the actual and desired
output, the least-mean-square (LMS)
adaptive filtering algorithm was used.

In order to reduce the area difficulty, the
adder / subtractor based on weight
increment block cells were swapped by
carry save adder. It includes smaller LUT,
multiplexors, and practically 50 percent
less number of adders as compared to the
present distributed arithmetic -based
design. It uses the adaptive algorithm for
the system development. A new
architecture based on distributed arithmetic
for high throughput implementation of
LMS adaptive filter is suggested by Surya
Prakash M. et. al. Distributed arithmetic is
a bit-serial computational operation which
permits digital filters to be put into
practiced at high throughput rates,
irrespective of the any filter order.
However, it caused a complexity while
realizing adaptive digital filters which
requires recomposing the contents of
lookup tables that stored the filter
coefficients. The author showed that, the
throughput of the proposed design remains
unchanged for filter of any order. Further,
it was showed that the throughput was
approximately equivalent to that of the
fixed coefficient performance.

Meanwhile, divided LUT method was
used to reduce the required memory units
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and pipeline structure were also employed
to boost-up the system performance. The
FPGA implementation of FIR filters based
on conventional method costs extensive
hardware resources, which goes against the
decrease of circuit scale and the boosting
of system speed. It is well known that the
FIR filter comprises of adders, delay
elements and multipliers. Because of usage
of multipliers in the proposed design, it
gives rise to two demerits that are (i)
Increase in Delay and (ii) Increase in the
Area which resulted in low performance
(Less speed). A fresh design and
implementation of FIR filters using
Modified Distributed  Arithmetic is
provided to address this solve problem.
From the simulation result it is indicated
that FIR filters designed using Modified
Distributed Arithmetic could work stable
with high speed and could save almost half
the hardware recourses to decrease the
circuit scale.

Carry Select Adders (CSLA) are one of the
high-speed adders used for data-processing
to perform fast arithmetic operations. It is
cleared from the structure of the CSLA,
that there is scope for reducing the power
consumption and area. The work by B.
Ram Kumar et. al employed a efficient and
simple gate-level alteration to significantly
decrease the power and area of the Carry
Select Adders.
III. RELATED WORK

Power supply used in portable systems
directly depends on energy efficiency of
digital logic circuit. Therefore digital
systems must have low  power
consumption. Modern systems should have
high processing power for high speed
operations. Power in systems depends on
accuracy of assigned task and delay.
Today the whole digital system is
manufactured as a single integrated circuit.
Energy usage in electronic systems can be
optimized at the chip level or PCB level.
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In IC design low power design has become
a promising research area. The art of
design of low power circuit depends on
selection of optimal resources that will
reduce the speed of information processing
without disturbing system characteristics.
CMOS digital device designers have a
challenging requirement .They have to
optimize low propagation delay and
complex functionality along with low
power dissipation. The part of the solution
is proper choice of operating areas. The
world is facing phenomenal growth of
demand for energy. One of the promising
solutions may be use of energy recovery or
adiabatic logic principle. The theme of
adiabatic logic is to use ramp clocks to
reduce thermal dissipation and recycling of
charge from capacitive loads. Voltage and
current ramps are used to prevent resistive
dissipation in parasitic resistance. Charge
stored in gate capacitors is collected back
to the power supply. This needs an
oscillating power supply network. There
are two basic issues or design needs that
must be addressed in any CMOS adiabatic
circuit. The implementation must result in
an energy efficient design of the combined
power supply and clock.

Day after day innovative technology which
is faster, smaller and more complex yet
multifarious than its precursor is being
developed. The augment in clock
frequency to attain better speed and
enhance in number of transistors crowded
on top of a chip to accomplish design
complexity of a standard structure
outcomes in amplified power
consumption. That is, each time an
intelligent task is executed some data
about the information is expelled or lost
and it disseminated as warmth.

The term ‘adiabatic’ comes from
‘thermodynamics’, which describes a
process wherein which no energy
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exchange with the environment, and
hence, no dissipation energy loss takes
place. Whereas in semiconductor devices,
the transfer of charge between different
nodes is the process of energy exchange
and different techniques can be utilized so
as to minimize this energy loss due to
charge transfer.

IV. EXISTED SYSTEM
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Fig. 1: Existed system
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The above figure (1) shows the
architecture of existed system. In this
system there are totally 8 input-muxes
which provide four functional outputs.
Here the multiply and accumulate (MAC)
operations are replaced by a series of LUT.
Here 64 bit LUT mask is used for the
purpose of registers and arithmetic
operations. This system is based on the
LUT which absorbs more logic each
processing element contains LUTs to store
the possible values of partial products. The
LUTs of each PE are needed to be updated
in every iteration. The LUTs are updated
with the values of current input samples
and the most previous input samples.
These values are stored in a corresponding
addresses generated from the address
generation block. .

The input samples are stored in the LUTs
according to the LUT update block. The
weights of the filter or an error signal is
chosen from the MUX by the select line
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which is used as addresses to read the LUT
contents. The multiplexers is used to select
between the weight vectors or the error
signals. The weight vectors and error
vectors are used as addresses to read the
corresponding values from the LUTs. The
new weight vectors are circularly left
shifted to read the filter output from the
LUTs instead shifting the LUT contents to
the right side while updating the LUTs.
The weight vectors and error signals to be
used as addresses A for reading the partial
products to compute filter outputs and
adapts the filter weights respectively. The
partial products are accumulated and right
shifted to produce the final output. The
operation involved in this system is bit
complex. The main dis-advantage of this
system is it ensures area cost.

V. PROPOSED SYSTEM
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Fig. 2: Proposed system
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The above figure (2) shows the
architecture of proposed system. In this
system there are totally 8 inputs which
provide functional outputs. In the proposed
system the operation works on two cases
they are odd and even LUTs. Input
samples are sampled and saved in LUT
memory. For every second the value of
LUT is updated while the processing is
done. After this process the multiplexers
will select the error signals obtained in the
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system and remaining signals will be Fig. 3: RTL schematic
passed to the proposed adaptive filter. This
filter will process the samples and gives
updated samples as output. In this model,
we assume the change of the logic value to
have a full swing from rail to rail the
dynamic power is proportional to the sum
of all toggling on all nodes in the chip. It is
related to the supply voltage, the chip size,
and the circuit activities on chip.

It should be noted that when the supply
voltage is very low, the static power
consumption might be the dominant part.
In a normal application, the supply voltage
is fixed from the system condition. The
essential low-power technique is then to
decrease the scale of the chip and decrease
the unneeded circuit activities. Low power
circuit technique on basic logic cell level is
not practical because it requires the design
of a cell library or modification of an
existing one. With continuous increase in

Fig. 4: Technology schematic
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VI. RESULTS
VII. CONCLUSION

In this paper a low power VLSI adaptive
filter is proposed. The proposed scheme
maintains the same number of clock cycles
using multiplexed LUTs which results in
smaller critical path. The complexity of the
proposed adaptive filter is significantly
reduced. The LUT update method shows
that in every iteration only one set of LUTs
in a processing element are needed to be
updated, thus result in saving of power and
time. Hence the delay is optimized.
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